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Summary 

This report compares the theoretical performance of some modulation systems 
which could be used for television transmission. The comparison is on the basis of the 
relative peak transmitted powers required for good picture quality, assuming that the 
performance is limited by random noise. The conclusions are summarised in graphical 
form. 



1. Introduction 

Since the inception of the television service, amplitude 
modulation has been exclusively used for broadcasting the 
vision signal, although frequency modulation has been 
widely used for microwave links. When planning future 
developments such as satellite broadcasting, involving higher 
frequency bands, it is expedient to consider alternative 
methods of modulation. 

There are basically only two different types of carrier 
modulation; amplitude and frequency (or phase). Some 
systems may embody both forms simultaneously; for 
example, single-sideband modulation can be regarded as a 
combination of amplitude and phase modulation. How- 
ever, when dealing with the performance of modulation 
systems, it is convenient at the same time to consider 
various ways of coding the baseband signal in order to make 
it less susceptible to impairments introduced by the trans- 
mission channel. Forms of coding that are capable of 
reproducing the complete signal increase the bandwidth, 
and a practical problem is to find the coding and modu- 
lation arrangements which require the minimum possible 
transmitted bandwidth consistent with the desired per- 
formance, when various impairments occur in the trans- 
mission channel. 

One important source of impairment is the addition 



of random noise, and it is the purpose of this report to 
compare the performance of various combinations of base- 
band coding and modulation system when flat-spectrum 
noise is added in the r.f. channel. It is assumed that a 
fixed peak transmitter power is available. For simplicity, 
no account is taken of the additional power or bandwidth 
required to transmit the sound signal, and instrumental 
difficulties associated with a particular system are not con- 
sidered. 

Many papers have been written on this subject (see, 
for example, references 1 — 4} but the form of presentation 
of the information is not always convenient This report is 
intended to provide data in a simple and accessible way, to 
form a basis for more detailed studies which may be 
required in the future when considering specific applica- 
tions. 

A previous report compared the use of binary pulse 
code modulation and frequency modulation (f.m.) for the 
transmission of sound signals, but it was assumed that in 
the case of f.m. the ratio of frequency deviation to maxi- 
mum modulation frequency would be large. For television 
transmission, this assumption is not necessarily justified, 
and it is not made here. The earlier report compared the 
systems on the basis of equal mean powers, but in many 
cases, a system may be limited to a given peak power, and 
this latter criterion will therefore be adopted. 
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Fig. 1 summarises the requirements for achieving good 
picture quality with the various modulation systems. The 
requirement are shown in the form of curves (or where 
appropriate, -points), showing the pealc power, R, in dB 
relative to the double-sideband amplitude modulation 
(d.s.b. a.m.) case, as a function of the ratio B = (r.f. 
bandwidth) /(video bandwidth). It is assumed that the 
resultant picture quality corre^onds to a ratio of the peal<- 
to-peak video signal, including the synchronising pulses, to 
the r.m.s. noise (unweighted), of 48 dB. 

The reference with which the various systems are 
compared is that of d.s.b. a.m. with no coding of the base- 
band signal. In the comparison it is assumed that the noise 
level corresponds to a fixed noise temperature. 



2. Analogue modulation systems 

2.1. Double-sideband amplitude modulation 

With current techniques d.s.b. a.m. is instrumentally 
the simplest method of transmitting a baseband signal on an 
r.f. carrier. The bandwidth occupied is twice that of the 
baseband signal, and the performance is indicated by point 
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(a) In Fig. 1. For this case, an output signal-to-noise ratio 
(s.n.r.) of 48 dB, as defined in Section 1, requires a ratio of 
carrier (at peak modulation level) to noise In the channel 
bandwidth \.m of 45 dB. 

2.Z Suppressed-carrier modulation 

in the d.s.b. a.m. system the carrier component 
contains no information, and only serves to simplify ihe 
instrumentation at the receiver. If additional complexity 
at the receiver Is acceptable, the transmitted carrier can be 
suppressed, and the sideband amplitudes can be doubled, 
for the same peak power. Thus, the suppression of the 
carrier component can produce a 6 dB improvement in the 
signal-to-noise ratio (s.n.r.) 

Moreover, because Identical information is carried by 
the two sidebands, one can be suppressed, and the other 
doubled in amplitude to maintain the sanie^peakpower 
and the same effective modulation depth. The bandwidtti, 
however, is halved, and the noise is therefore reduced by 
3 dB, giving a total improvement of 9 dB in the s.n.r., 
compared with a.m. d.s.b. having the same peak power. 
Alternatively, for the same s.n.r. the peak power on s.s.b. 
is reduced by 9 dB, as shown by point (6) in Fig. 1 . 
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In the preceding discussion it has been tacitly 
assumed that the shape of the envelope of the modulation 
waveform is unchanged by the process of converting from 
a d.s.b. to an s.s.b. signal, but some change must occur. 
For example, an infinitely steep unit step w/aveform is 
transformed to a function which rises sharply to infinity at 
the transient edge. For band-limited signals distortion of 
the modulation envelope is less prominent. If the signal 
tends to have randomly phased frequency components or to 
have a nearly uniform spectrum within a finite band the 
peak amplitude is little affected. Analogue television 
signals, however, tend to contain step transitions which 
may result in the s.s.b. peak signal being greater by several 
decibels than it would be for full modulation by a sine 
wave. It must therefore be emphasised that pure s.s.b. 
operation represents an ideal limit to which practical 
systems can only approximate. 

2.3. Frequency modulation 

A simple method of achieving an exchange of band- 
width for s.n.r. is to use frequency modulation (f.m.). , In 
this case the r.m.s. noise in unit bandwidth at the demodu- 
lated output of the receiving terminal is proportional to 
frequency (i.e. the noise voltage has a triangular spectrum). 
In general, the subjective effects of flat spectrum and 
triangular spectrum noise may be different, and this should 
be taken into account when comparing the modulation 
systems. However, for colour television it may be assumed 
that flat spectrum and triangular spectrum noise will pro- 
duce approximately equal subjective impairments, for equal 
mean noise powers (unweighted). On this basis. Appendix 
I shows that for a given unweighted s.n.r. of the demodula- 
ted signal, the peak transmitted power W^ in the f.m. case, 
and IVg in the a.m. d.s.b, case, are related by the expression 
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This is shown by curve (c) in Fig. 1. 

The above formula is applicable only when the carrier- 
to-noise ratio exceeds the so-called threshold level. Above 
this region, as in a.m. systems, the output s.n.r. varies in 
direct proportion to the transmitter power. The carrier-to- 
noise ratio at the threshold may be taken as approximately 
12 dB. Curve (c) corresponds to carrier-to-noise ratios 
which are everywhere above the threshold level. 



3. Sampling and coding systems 

In Section 2 it was assumed that the baseband signal is 
in analogue form, and any impairment introduced after 
modulation of this signal must cause a corresponding 
impairment to the demodulated signal. By sampling the 
baseband signal at discrete intervals, and allowing each 
sample to take up one of a finite number of possible values 
it is then possible to regenerate exactly the sampled wave- 
form, provided that any added noise is insufficient to 
cause an error in correctly detecting the sample levels. As 
discussed later, each sample can be defined numerically by 
a digital code (for example, it may be defined in decimal or 
binary number form). 



Because sampling for this purpose requires the original 
analogue signal to be 'quantised' into a finite number of 
levels, an additional subjective impairment must be taken 
into account when assessing the performance of a sampled 
system. 

Assume that the analogue signal has a peak-to-peak 
amplitude E, and that it is quantised into q steps (i.e. there 
are q -I- 1 possible values), each of peak-to-peak amplitude e, 
so that e = E/q. Compared with the exact value of the 
analogue signal, the quantised signal can be regarded as 
having, at any given sampling point, an error voltage e 
taking with equal probability any value between +e/2 and 
-€/2. Therefore the mean-square error (quantising noise 
power) is 



+e/2 
-e/2 



.de„ =— = 



E' 
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From this relationship, we can define the ratio 



peak-to-peak signal 
r.m.s. quantising noise 



10-8 + 20 logj^qdB 



If it is assumed that the subjective impairment caused by 
quantising noise on a television picture is similar to that 
caused by random noise, we might take 48 dB* as the 
required s.n.r,, so that the minimum value of q would be 
73. It has been found, however, that the subjective effect 
of quantising noise tends to be greater than that of random 
noise having equal power. It is possible to employ certain 
measures to reduce the subjective effect of quantising noise. 
For the purpose of this report it will be assumed that 128 
(i.e. 2^) levels are sufficient to produce a high-grade 
picture. 

Sampling and quantising alone cannot improve the 
effective s.n.r. because, without further measures being 
taken, random noise may still cause errors in measuring 
the received sampled levels. However, if each sample is 
represented by more than one signal, the susceptibility to 
noise can be reduced. This is the advantage which is 
gained by using sampling in association with a numerical 
coding arrangement, such as a binary number system, in 
which each sample is defined by a train of pulses represent- 
ing the digits. Each basic signal has one of a small number 
of possible levels (2 for binary, 3 for ternary numbers, etc.). 
At the receiver, the signal can be regenerated without error 
provided that the noise is not sufficient to cause ambiguity 
between the discrete levels. The bandwidth is increased in 
proportion to the number of digits per sample, so that for a 
given system performance, a power-bandiwdth exchange is 
possible, which can be used instead of, or in addition to, 
that provided by the modulation system (e.g. f.m.). 



4. Error probability in a coded system 



Suppose we have, a multi-level signal, in which the 
correct level at a particular sampling instant is e but 



* The signal in this case is assumed to include the synchronising 
pulses. The corresponding ratio of peak-to-peak luminance signal 
to r.m.s, unweighted noise is about 45 dB. 



because of noise it may be reproduced as level e^ + ^i- o'' 

^0-^1- The 
shown in Fig. 2, 



e . The voltage probability curve can be drawn as 
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Fig. 2 - Error probability curve 



The curve in Fig. 2 is assumed to be Gaussian in 
shape. This corresponds to the case when random noise is 
added to the signal. In non-linear systems, such as an a.m. 
envelope detector or an f.m. system operating near the 
threshold level, the probability curve is not strictly 
Gaussian. In general, however, the assumption of a 
Gaussian curve is unlikely to lead to an appreciable error. 
The standard deviation corresponds to the r.m.s. noise 
voltage n. If the decoder is arranged to interpret any 
value within e^/2 of e^ as the level e^, the probability of an 
error in reproducing e^ is given by the ratio of the shaded 
areas to the total area under the curve. Thus, the error 
probability P^ is given by 



P. = 2Q\ 



(i) 



where 



Q(aj = ^ I exp{-f2/2} . d? 

a 



(2) 



The function i.0Q^^Q(a) is plotted as a dependence on a 
in Fig. 3. 

At the extreme levels of the signal, only a displace- 
ment in one direction can produce an error, and if we have 
an IVi-level signal, the average value of Pg becomes 




In a practical case, factors such as the bandwidth, precision 
of equalisation, and other instrumental parameters, affect 
the attainable error probability, but the above argument 
demonstrates that it depends on the s.n.r. before decoding 
essentially according to an exponential law. This contrasts 
with the direct variation of output s.n.r. with signal level for 
analogue systems. One significant result of this is that 
there is a very pronounced threshold level for the s.n.r. 
below which the error probability increases very rapidly, so 
that if the signal level varies because of propagation con- 



ditions a coded system may require a larger factor of safety 
than is normally used for an analogue system. 

It should be borne in mind that in a coded system, 
each quantised level may be represented by a group of 
several digits, this group often being called a 'word'. For 
example, if the signal is quantised into 128 levels, which ai-e 
represented by a binary system, each level is defined by a 
word of 7 digits (since 12B = 2'^). An error in any one of 
these digits will cause an incorrect word interpretation, so 
that the word error probability is 7 times the digit error 
probability. 

When comparing the performance of an analogue 
system with that of a quantised coded system, it is difficult 
to equate the subjective impairment introduced by a given 
word error probability with an equivalent impairment due 
to the presence of noise in the analogue system. For the 
analogue systems it was assumed that a ratio of peak-to- 
peak signal to unweighted r.m.s. noise of 48 dB produces a 
a picture of good quality; an equivalent picture quality 
will be assumed to be produced in a coded system with a 
word error probability of 10"'^. This is to some extent an 
arbitrary assumption, but it is believed to be realistic. In a 
7-digit binary coded arrangement, this corresponds to a 
ratio of peak signal to r.m.s. noise of about 21 dB. 



5. M-ary coding 

We have seen that an improved s.n.r. at the receiver 
output could be obtained at the expense of extending the 
bandwidth by a wideband modulation system (Section 2.3), 
by coding (Section 3), or by both. tt is, however, of 
interest to examine in more detail the s.n.r. improvement 




Fig. 3 ' Curve relating probability function Q(a) to a 



which can be obtained by the coding process without 
additional bandwidth expansion due to the modulation. 
We therefore consider coded systems which, instead of 
being confined to binary numbers, are extended to include 
M-ary numbers, each digit having IVI possible levels. We also 
assume that a number of digits, N, is required to define 



samples by Y M-ary digits, where 



iN 



levels per 



each signal sample, this giving a total of 
sample, 

5.1. M-ary d.s.b. a.m. 



Assuming that the minimum coded signal to r.m.s. 
noise ratio (c.s.n.r.) required for a binary signal to be 21 dB 
(as discussed in Section 4), the corresponding ratio for an 
M-ary signal having the same digit error probability is 
[21 + 20 log^gdVI -1)] dB. Because the error probability 
varies very rapidly with c.s.n.r. we can assume for sim- 
plicity that for equal word error probabilities the cs.n.r. is 
approximately the same. In comparison with an analogue 
signal having an s.n.r. of 48 dB, the permissible reduction in 
s.n.r. is therefore [27 -20 1ogjQ(M - 1)] dB. 

If the M-ary signal requires N digits per sample, it 
will occupy N times the bandwidth required by the ana- 
logue signal. For a given noise temperature the noise 
power will be greater by a factor N, and N times the 
transmitter power will therefore be required for the same 
s.n.r. It follows that the peak transmitter power required 
by N-channel M-ary coded signals, transmitted by d.s.b. 
a.m. will be less than that required for the analogue signal, 
also transmitted by d.s.b. a.m., by 



i^-/[27-20log^o(M- li-IOIog^^N] dB 



(3) 



As discussed in Section 3, it is assumed that at least 
128 quantised levels are required, corresponding to a 7- 
digit binary coded signal. It follows that if each sample of 
the analogue signal is to be represented by N M-ary pulses, 
N must satisfy the relationship 

M"^ > 128 

Table 1 gives some possible combinations of M and N, 
when both are integers. 

TABLE 1 

Levels Per Sample {M^ ) for Some Values of Levels Per 



Digit (M) and Digits 


Per Sample (N) 


M 


N 


M^ 


2 


7 


128 


3 


5 


243 


4 


4 


256 


6 


3 


216 


12 


2 


144 



When M^ > 1 28, inefficient use is made of the bandwidth. 
The efficiency can be improved, at the cost of additional 
instrumental complexity, by representing a group of X 



lY/X 



> 128 



In effect, this permits N to have fractional values given by 
Y/X, thus facilitating more efficient use of the bandwidth. 
Some examples are given in Table 2. 

TABLE 2 

Levels Per Sample Possible by Representing X Samples 
by Y Digits 



X 



Y 



lY/X 



3 


2 


9 


140 


4 


2 


7 


128 


6 


4 


11 


138 


8 


3 


7 


128 



As a limiting case, we can assume fractional values of N 
such that M = 1 28. Then, from Equation (3), bearing in 



mind that N ^ -6/2, we can write 



i?- 



L - 20 log^ 1 1282/^ - lj - 10 log, Is/2 h 



dB 
J/ (4) 



This relationship is shown by curve [d] in Fig, 1. The 
values of M are indicated on the curve, since values derived 
from the curve have physical significance for integral values 
of M only. 

5.2. M-ary d.s.b. or s.s.b. with carrier suppression 

In Section 2.2 it was mentioned that an improvement 
of 6 dB is possible by carrier suppression; this would result 
in a curve similar to {d) but displaced vertically to corres- 
pond to 6 dB less peak power, it was also mentioned that 
9 dB saving in the s.n.r. may be obtained, in addition to a 
halving of the bandwidth, by employing s.s.b. modulation. 
This improvement can also be applied with the M-ary coded 
signal, and in this case curve {e) in Fig. 2 is obtained. As 
mentioned in Section 2.2, sharp transitions in the digital 
waveform may demand an unacceptabiy large peak power. 
By suitably shaping the waveform, this difficulty can in 
principle be overcome, but nevertheless a practical system 
may not be able to achieve the theoretically possible per- 
formance, particularly since shaping of the waveform tends 
to increase the required bandwidth. 

5.3. Mary phase modulation 

Conventional phase modulation demands a larger 
bandwidth than amplitude modulation. However, in the 
special case of sampled coded systems, the bandwidth 
when using phase-shift modulation need be no greater than 
if d.s.b. a.m. were used. This is because the phase need be 
correct only at the sampling instants, while in the transition 
from one sample to another, distortion of the phase, and 
also some amplitude variations, can be permitted. As an 



illustration, Fig. 4(a) shows a vector which must shift in 
phase by 90° during a sampling period T, In a pure phase 
modulation system the locus of the tip of the vector is a 
90 arc. The phase shift could be accomplished in a quad- 
rature modulation system by ensuring a maximum of thex 
component at time t^ (see Fig. 4{6)) and of the ^ com- 
ponent at time t^, where t^ - t^ = T. Because of the band- 
width limitation, the two components cannot be switched 
instantaneously, and the actual waveforms may be as shown 
by e^ and e„ in Fig. 4(6). They may, for example, be 
raised-cosine pulses, or if maximum use is made of the 
available bandwidth, [sin{7rr/7')] /{Trf/D pulses. The 

resultant envelope (given by [e^ + e].V^^), shown by the 
dotted line in Fig. A[b), falls to a minimum at a time mid- 
way between times t^ and t^. For raised-cosine pulses, 
the envelope amplitude at this point is 0-707, and for 
{sm{.-ntlT)] /(nt/T) pulses it is 0-9, if we assume that there 
are no contributions from pulses other than the two being 
considered. For pure phase modulation, the resultant 
envelope must be flat, and this can only be achieved if the 
pulses have larger relative amplitudes at a time midway 
between times t^ and t^. This is impossible without a 
greater bandwidth. 

This argument can be extended to any number of 
possible phase positions of the vector, and it may be con- 
cluded that for pure phase modulation, an r.f. bandwidth 
greater than that occupied by an a.m. d.s.b. signal is 
required, but provided that amplitude variations between 
the sampling times can be tolerated, the bandwidth can be 
restricted to that of the IVl-ary d.s.b. a.m. case, as discussed 
in Section 5.1. This system of digital transmission is often 
called phase-shift keying (p.s.k.). The ratio of peak power 
to noise required for a given error probability may be con- 
siderably less than with a.m. This is illustrated by Fig. 5 
for a 5-ary system, where the spacing between points corres- 
ponding to adjacent levels gives a measure of the immunity 
to noise for the same peak power. Thus the small white 
circles indicate the levels in an a.m. system {five in this 
example), while the black points on the dotted circle are 
the corresponding positions for a p.s.k. system. The ratio 
of the voltages corresponding to one step in the two cases is 
given by (A'b')/(AB), and it can be shown that this is 
[2 sin(7r/IVI)]/(M - 1). Therefore from Equation (3) in 
Section 5.1,'vve can write: 



27-20logj„(IVI-1)-10logj,,N -H 
h0log^„|2sinQ -^20log^,(M^1)l 



= 33 + 20 log^j, sin/-] - 10 log^^j N, 
and since lyj"^ = 128, and N -5/2, 



^psk-33 + 20 



'O9io^'"r^^j-^°'°9,o 
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Fig. 4 ■ Illustration of p.s.k. waveforms 
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This relationship is shown by curve [f) in Fig. 1. 



Fig. 5 - M-ary amplitude and phase modulation vectors 



Because the p.s.k. system involves a varying amplitude 
of the signal, the transmission link must be linear. This 
contrasts with pure phase modulation, in which amplitude- 
limiting is not only permitted, but may be deliberately 
introduced. Non-linearity in the p.s.k. system, however, 
can cause interference between pulses and, if it arises at the 
transmitter, the bandwidth occupied is increased. 



6. Hybrid coding 

In order to avoid the impairment introduced by quan- 
tising noise, it is possible to use hybrid pulse coding 
(h.p.c.m.)* in which the 'least significant digit' is trans- 

fi 7 ft 

mitted as an analogue signal. '' For example, if we have 
a three-channel system, two channels can be used to trans- 
mit the maximum possible information that the noise level 
permits in quantised form, while the remaining channel 
transmits an interpolating signal in an analogue form. The 
signals in the so-called channels may, of course, correspond 
to three successive pulses similar in timing to that usually 
used for a three-digit number in pure p.c.m. In an opti- 
mum arrangement, as the channel noise levels increase, 
the limiting error probability of the digital signals may be 



The potential value of such a system in conveying broadcast 
signals was pointed out by G.G. Gouriet. 



reached at the same time as the limiting s.n.r. of the 
analogue signal. As an example of the possible performance 
of such a system, point {g) in Fig. 1 illustrates a three- 
channel system, in which each of the two digital channels 
contains a four-level signal (including zero level). Each 
channel is assumed to be s.s.b. The overall performance in 
this case is limited by the digital signals. Point (h) shows 
another case, in which the performance is limited by the 
analogue signal; the two digital channels now each contain 
a three-level signal, and s.s.b. transmission is again assumed. 
The practical achievement of the performance indicated 
would present considerable difficulty. 

Clearly there are many other possible combinations, 
and other modulation systems can be employed to transmit 
the information in each channel. 



7. Conclusions 

Some comparisons have been made between the per- 
formance of various modulation and coding systems, in the 
presence of added Gaussian noise. The selection of cases is 
by no means exhaustive, but it may provide a guide for 
more detailed consideration of specific requirements. The 
results are given (Fig. 1) for idealised cases, and no account 
has been taken of such factors as the pulse shape, limitations 
due to imperfect equalisation, signal fading, practical 
difficulties of obtaining very sharp cut-off filters, and so on. 
In general, the bandwidth occupied by practical digital 
systems will be considerably greater than the ideal values. 

While the effect of random noise on system per- 
formance is an important factor, other impairments such as 
impulsive noise and co-channel interference may sometimes 
be significant, and these aspects of the problem require 
further study. 
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APPENDIX I 
Peak Power Improvement with Frequency Modulation 



Let W - carrier power (watts) 

K = flat spectrum noise power per unit bandwidth 
before demodulation (watts per Hz, for an im- 
pedance of 1 ohm) 

b^ = r.f. (or i.f.) bandwidth preceding demodulation 
(Hz) 

byy^ = bandwidth after demodulation ^ maximum modu- 
lation frequency (Hz) 

f^ = peak-to-peak frequency swing (Hz) 

L = discriminator sensitivity (i.e., AV/Af, where AV = 
change in output voltage produced by a change 
Af in input frequency). (Volts per Hz.) 
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-to-peak demodulated signal voltage 



noise voltage after demodulation 



B =- 



The suffix a or f, applied- to D, denotes the value 
appropriate to d.s.b. a.m. or f.m., respectively. 

For the f.m. signal, assume that the r.m.s. carrier 
voltage is much larger than the r.m.s. noise voltage, i.e.. 



The r.m.s. phase swing (radians) caused by the noise voltage 
in unit bandwidth is then 



2W 



8 



The corresponding noise power at the output of an f.m. 
discriminator, assuming one ohm load impedance, is there- 
fore 
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Thus, 
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The peak-to-peak domodutated signal voltage isZ,/^: 

therefore 
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and 
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_i = 3 
D„ 



If we use Carson's rule, fe^ = /^ + 2Zj^, to obtain the 
approximate r.f. bandwidth b^., we obtain 



'n a d.s.b, a.m. system, the demodulated noise 
power is 2Kbffj, and t he p eak-to-peak demodulated tele- 
vision signal voltage \5\/2W. 
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